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A NEW TEST SIGNAL FOR ACOUSTIC MEASUREMENTS - 
THE COHERENT CONSTANT PERCENTAGE BANDWIDTH PULSE 



SUMMARY 

For the measurement of reverberation time, "warble-tone", bands selected 
from continuous spectrum noise, or pistol shots have hitherto been used as the test 
soimd. As all three types of sound have disadvantages, apparatus which produces a 
repeatable continuous spectrum of known shape has been developed. This report 
describes the principle and construction of the apparatus, and discusses the results 
obtained with it. 



1. INTRODUCTION 

1.1. The Problem of the Sound Source in the Measurement of Reverberation Time 

It is generally agreed that pure tone is unsuitable for the measurement of 
the reverberation time of a room because the rate of decay varies between wide limits 
for small variations in the test frequency o>ri.ng to the changing excitation of the 
individual room modes. Hence, to ensure that each measurement is representative of 
the room over a finite frequency range, it is normal practice to use a complex sound 
with a spectrum extending a fraction of an octave on either side of the nominal 
frequency. 

The most commonly used types of sound are warbled (frequency modulated) tone 
and filtered bands of random noise. The warble— tone has a symmetrical spectrum 
consisting of a number of lines separated by intervals equal to the modulating 
frequency. The frequency and depth of modulation are chosen to be the best compromise 
between the opposing requirements of a close spacing of the lines to give a quasi- 
continuous spectrum, and a short warble cycle in relation to the reverberation time of 
the room. This compromise is possible for large enclosures with long reverberation 
times, but cannot be achieved satisfactorily for short reverberation times. Conse- 
quently, at low frequencies where room modes are widely spaced, the shape of the decay 
varies with the position in the warble cycle at which the tone is cut off. This is 
also generally true whenever the reverberation time is so low as to be comparable with 
the period of the warble cycle. Variation between successive decays is observed also 
when bands of random noise are used, particularly at low frequencies since vdiite noise 
is essentially non-uniform in time and the lowest-frequency components show the 
greatest long-period fluctuations in amplitude. Furrer and Lauber-^ have found that 
the consistency of measiirements of reverberation time at frequencies below the 500 c/s 
region is better with warble-tone than with random noise. 



A third method of room excitation is the impulsive noise typified by a 
pistol shot. Here the whole spectrum is produced simultaneously, so that the decay 
is equally representative of all frequencies within the pass hand of the measuring 
chain, and successive decays are identical if the sound is accurately -repeated. 
Unfortunately the broad spectrum of the sound necessitates the use of additional 
measuring filters to prevent the decay from being influenced by frequencies outside 
the nominal pass band of the apparatus and, in spite of the high total energy, the 
energy within a given octave band is smaller than that provided by a loudspeaker 
radiating warble-tone or filtered random noise. This, together with the necessity to 
fire a large number of shots, makes the method so inconvenient that it is only used 
where there is no practical alternative. It is used, for example, in testing a 
studio in its normal broadcasting condition with sin orchestra present, the sound decay 
for a few pistol shots being recorded on magnetic tape and analysed later in octave 
bands. 

This report describes an alternative tjrpe of testing signal and an electronic 
apparatus for generating it. The signal consists of a short train of sinusoidal 

waves, starting and finishing at zero amplitude. The sound spectrum of such a pulse 
is given below; as each pulse is accurately repeated, a succession of such pulses 

will yield identical decays. 
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Fig. I - Spectrum of pulse of tone containing n complete cycles 

U> = frequency of spectrum component 
CO = frequency of tone 



l.g. The Spectrum of a Short Pulse of Tone 

The spectrum of a pulse of tone consisting of an exact number of cycles, n, 
of frequency co^/Ztt starting and finishing at zero amplitude may te shown to has 



P 

T 



2 



s±a.imTco/co) 



■where P and P^ are the spectrum levels at frequencies co and co^. 

Pig. 1 sho-ws the form taken hy this function for various values of n. 
It will be noted that the width of the central baad is largest for small values of n, 
and that n = 3 gives a 6 dB fall in amplitude at frequencies roughly 20f, greater and 
less than the central frequency, heing suitable therefore for half octave analysis. 
The side— lobes may be removed by means of an octave filter. 

2. DSSCRIPTICN OF THE COHIRMT CX3NSTMT PERGMTAOB BANDWIDTH PHLSl QiNlRATOR 

8ol. Principle .of Operation 

A pulse of tone of any frequency, containing a specified number of cycles, 
is obtained by employing an electronic switch, operated by a counting circuit, to 
switch on a loudspeaker and switch it off after counting the required ntmiber of cycles. 

The complete circuit comprises". 

(1) An impulse generator idiieh derives short high voltage impulses from the 
input tone. 

(2) A cold-cathode gas-filled scale-of-ten counter, which is actuated by the 
impulses from (1). 

(3) An electronic switch which is opened by an initiating impulse and closed 
by the discharge of any cathode in the counter to which it may be 
connected. 

(4) Means for arresting the discharge at a particular cathode, after the' 
closing of the switch, ready to be re— started by the arrival of the nesrt 
initiating impiilse. 

(5) Facilities for operating the electronic switch as an ordinaiy tone pulser. 

The detailed operation is described below with reference to the circuit 
diagram in Fig. 2. 

2.2. The Impulse Generator 

The valves Yla and Ylb constitute a squaring amplifier, enabling large 
amplitude pulses of short rise time, suitable for triggering the counter, to be 
obtained from the applied tone. Positive feedback is taken from the second anode to 
the first grid, and since Ylb is normally cut off on the cathode, the feedback may be 
increased to a value which would otherwise cause instability. 



1^ 




Fig. 2 - Circuit diagram of colierent constant percentage bandwidth pulse generator 



In order to avoid variation betwesa successive, decay traces (see Section 1» 1 
above); it is essential that the output pulses should occur simultaneously with a 
cross-over point of the applied waveform. The passage of grid current by ¥lb mustj 
therefore, occiir without causing a heavy negative bias to be built up on the coupling 
condenser, and to this end a diode is used in place of the usual grid leak resistor. 
■It is also important in this connection that the series feedback resistor in the grid 
of Via should not exceed a value of about 5k, larger values tending to delay the 
output pulses to a serious extent at high audio frequencies, due to integration of the 
applied voltage. 

2.3. The Counter 

A cold— cathode gas— filled decade counter T8 is used, having ten cathodes 
(numbered Kl to KIO in Fig. 2) in a circle round a central anode^. Any one of these 
cathodes may carry the anode current, but a suitable negative pulse injected on to a 
"transfer electrode" moves the discharge to the adjacent cathode, always in the same 
direction. 

Cathode load resistances R.13 etc. enable the arrival of the discharge on 
any partictOLar cathode selected by the switch SI to generate a pulse which is used to 
operate the electronic switch. If, therefore, the triggering pulses are derived from 
the audio— frequency signal which is also controlled by the electronic switch, and if 
cathodes numbers 10 and, say, n are arranged to open and close the switch respectively, 
it will pass n cycles, block the next 10-n cycles, and so on. 

Such a continuous series of wave trains is not required, however, and the 
movement of the discharge must be controlled so that the switch remains "off" except 
immediately before the time— base stroke of an associated oscilloscope Aen it should 
release a single train of n waves only. One of the cathodes. No. 9, is therefore 
connected in such a way that the discharge cannpt be transferred to it by the usual 
transfer pulse, and consequently stays on the previous cathode until a negative pulse 
from the oscilloscope applied to the blocked cathode itself re— starts the transfer. 

5.4. The Blocked Cathode 

Normal transfer of the discharge from one cathode to the next depends on the 
potential drop from the anode to the conducting cathode being less than that to the 
following cathode, and the cathode by— pass condensers maintain this difference until 
the discharge is well established on the new cathode. 

In the present ease, therefore, where it is required to arrest the discharge 
on cathode 8, it is necessary to hold cathode 9 at a positive potential exceeding 
30-40 voltsj this cathode must, of course, be capable of holding the discharge, once 
established, until the next pulse is received. Cathode 9 is therefore connected 
through a crystal rectifier to a cathode follower Y4(b) held at 60 volts, the normal 
operating voltage of a cathode carrying the discharge. It is thus effectively 
blocked, but can be pulsed negatively against the back resistance of the rectifier, to 
capture the discharge. To avoid loading the delay valve of the oscilloscope which 
supplies the re-starting pulse, a cathode follower V4(a) is used to relay the pulse to 
the blocked cathode. This method of developing the blocking voltage is used in 
preference to a potential divider across the H„T. rail, because the latter would allow 



the potential of cathode 9 to be raised furtherlsy the discharge, which would then jmp 
on to another cathode (not necessarily cathode 10) at the end of the negative pulse 
from the CoR.O. The stabilised potential of cathode 9 also renders the usual by-pass 
condenser unnecessary, and allows subsectuent transfer to' cathode 10 in the normal 
manner. 

8.5. The llectronic Switch 

The switch consists of a biased diode gate (balanced modulator) comprising 
valves V3a and Y3b and transformers Tl, Tg. It is operated by a bi-stable flip-flop 
' (V6a, VSb) which in turn is switched by amplified pulses derived from the appropriate 
load resistances of VS. 

Considering for the moment only the position 1 of the switch S2 as shown in 
the circuit diagram, the flip-flop is bi-stable by virtue of the shared cathode load, 
which gives a bias, due to the current in the conducting valve, sufficient to maintain 
the other valve beyond cut-off despite its positive grid voltage. 

The positive pulses from cathodes 10 and n* of Y2 are amplified respec- 
tively by Y5(b) and YBia.) and then applied to the grids of the flip-flop. Rectifiers 
in each of the grid circuits suppress unwanted negative pulses. 

The reguiremeat that the gating switch must open and close precisely at the 
zero of the input tone presents some difficulties at high audio frequencies, because 
the time constant of the cathode circuits is too great to allow sufficiently rapid 
switching. The input to the electronic switch is therefore retarded at high 
frequencies by a low-pass filter (Li Lg Cs) which has a cut-off frequency outside the 
range of the instrument. 

The anode circuits of Y6(a) and V6(b) are intended to secure the maximiim 
forward current through the diodes in the "on" condition and the maximum back voltage 
across them in the "off" condition, these being the requirements to prevent distortion 
and break through respectively^ the circuit can handle an input of +S0 dB relative to 
1 mW and should be operated as near to this level as possible in order to give optimiun 
operation of the pulse generator ajid maximum signal— to— noise ratio over the out-of- 
balance switching surge. It has been foimd necessary to terminate the output in 600 
ohms to reduce transients at low frequencies. The stray capacitive coupling across 
the diodes and their associated wiring i-s neutralised by small capacitors connected 
diagonally, as shown in the diagram. These capacitors, consisting of an inch or two 
of Duratwin wire, are adjusted on test for minimum high-frequency break-through. 

2.6. The Initiating Impulse 

The time-base circuit of the oscilloscope with which the pulse generator is 
used consists of a trans itron— coupled Miller integrator valve, associated with a 
similar valve acting as a variable delay^. The solid lines of Pig. 3 show how the 
two valves are interconnected, each being arranged so that at the end of its timed 
sweep it triggers the other, thus giving a linear time— base alternating with the 
desired delay period. 

* aee Section 3.3. 
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Fig. 3 - Schematic diagram showing relationship between 
pulse generator and time base circuits of oscilloscope 

The svdtching circuits of the pulse generator are inserted in the path 
between the two valves, as indicated by the dotted lines in the figure, the forward 
internal connection between the two being broken. The generation of the tone pulses 
is timed, in the manner to be described, to take place between the end of the timed 
sweep of the delay valve and the beginning of the time-base sweep. 

A negative impulse generated by the screen of the delay valve at the end of 
its sweep is conveyed to R30 (Pig. 2) by a coaxial cable, and relayed by V4(a) to 
cathode 9 of Y2 which is then enabled to capture the discharge from cathode 8 on which 
it is resting; the discharge moves on to cathode 10, opening the electronic switch. 
The switch is closed again when the discharge reaches the cathode selected by SI and a 
triggering impulse is sent simultaneously through V5(a), V6{a) and VSfb) to a coaxial 
cable connected to the grid of the time-base valve of the oscilloscope, which then 
starts its timed sweep. 

The discharge in Vg proceeds to cathode 8 where it is blocked until 
re-started at the end of the next sweep of the delay valve. 



The circuit is not self-starting, and a "fire" switch S3 is provided which 
momentarily short-circuits the input to the time-base valve. Occasional failure of 
the discharge transfer to re— start after receipt of the delay valve impulse was 
originally found to occur when it was immediately preceded by a tone— generated transfer 
inpulse. The finish of the delay valve run-down is therefore synchronised with the 
nearest tone-generated impulse by feeding a fraction of the latter through R56 and C27 
to the trigger lead connected to the screen of the delay valve. 



go 7. Use as a Conventional Tone Pulser 

The alteraatiTe position of switch SS allows the device to act as a 
conventional tone pulser^, i.e., to generate very much longer pulses, synchronised 
with the oscilloscope time-base but not with the tone zeros. The trigger from the 
delay valve is then coupled through R30 to the grid of 76(b) which is disconnected 
from the anode circuit of 76(a). The electronic switch is thus held either open or 
closed according to the potential on the screen of the delay valve„ 

This potential is high during the timed sweep of the delay valve and low 
during the remainder of the time, and the values of R30 and R53 are arranged to apply 
to the grid of 76(a) the appropriate proportions of the screen potential required to 
hold the switch open and closed respectively in the two portions of the delay valve 
cycle. The length of the tone pulse is thus equal to the run-down time of the delay 
valve, and is variable over a wide range. In this condition there is, of course, no 
phase coherence between the switching action and in the input tone, so that variable 
transients occur in the output. This is of little consequence for objective measure- 
ments where the transients are removed by an octave filter, but is a disadvantage -sdien 
tone pulses are monitored aurally. For the latter puj^pose, a small capacitor connec- 
ted between the anodes of 76 by closing switch S4 serves to reduce the audibility of 
the transients. In both positions of the switch SS the time-base of the C.R.O. is 
triggered by the negative pulse which occurs at the anode of 76(a) when the electronic 
switch closes. 



3. APPLICATION TO TEE MBASTltEMMT OP RI71RBERATI0N TIME 

3«1. (Jperational Considerations 

The construction of the constant bandwidth pulse generator has been' described 
above with special reference to its use with a C.R.O. method of displaying the 
subsequent decay of soimd in an enclosure. It is less suitable for use with a high 
speed level recorder of the electromechanical type since the rise time of the latter 
is usually longer than the length of the pulse; the maximum level recorded is thus 
severely limited and the decay available for measurement is insufficient. 

At high frequencies it is found also that since the amplitude of the signal 
is limited by loudspeaker power and its duration is inversely proportional to 
frequency, there may be insufficient energy in the pulse to excite the enclosure to a 
satisfactory level. For frequencies above 1000 c/s therefore the switch SS is turned 
to the second position to give long pulses of warbled tone. At such frequencies 
either warble-tone or white noise gives decays of consistent slope. 

3,S. Comparison with Conventional Sources 

The photographs of Fig. 4 show a series of decays from a small talks studio. 
The ordinate in each case is the logarithm of the sound pressure at a microphone in 
the room and the abscissa is time. Qroup (a) was obtained with warble-tone, (b ) with 
a 1/3 octave band of white noise and (c) with 3-cycle pulses from the equipment 
described above. A mechanically generated stepped decay with a slope corresponding 
to a reverberation time of 0'46 seconds is shown for comparison at (d). It will be 
seen that although groups (a) and (b ) vary considerably in shape, the decays of group 
(c) are all identical. 
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(0'46 sec reverberation time) 



Fig. 4 - Comparison between decays from warble-tone, filtered white noise, and 

constant bandwidth pulses 
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The agreement 'between reverberation times measured by meaois of warble-tone 
and constant 'bandwidth, pulses was checked by a series of controlled tests, and 
confirmed in a period of operational use by comparisons at 1000 c/Sj the normal change- 
over frequency. The department '-s usual method of measurement was used, that is by 
displaying the decay curve on the C.R.O. as described above and reading the rever- 
beraticm time, corresponding to the mean slope of the decay, directly from a rotatable 
graticule. In the controlled tests six observers made measurements of the rever- 
beration time of a small room at a series of frequencies. Below gOO c/s the constant 
bandwidth pulses gave a mean result about 3 per cent higher than warble-tone in a 
total of 432 individual determinations, with a 1 in gO level of statistical sig- 
nificance. Above goo c/s there was no significant difference. 

Examination of the self-consistency of the results below gOO c/s obtained by 
the tTiK) methods gave the following results.' 

TABLE 1 

Standard Deviations of Single Readings (%) 

Constant Bandwidth 
Pulses 



Frequeacy 




Warble Tone 


c/s 






75 




Q"7 ■ 


88 




7° 5 


105 




6°8 


lg5 




9°3 


150 




11° g 


175 




10' 


Mean of all 


results 


9-1 ^ 




The paradoxical result, therefore, is that with the completely consistent 
decay curves provided by the new equipment the measurements of reverberation time are 
found to be less consistent than tJiose obtained from the varying decays of warble— tone. 
This result is discussed in the following section. 

3,3o Discussion of Results 

The significance to be attached to the differences in means and standard 
deviations given by the two types of testing signal requires some consideration. It 
must be remembered that the decay curves on which the measurements are carried out are 
very far from straight* and that the definition of reverberation time implies a 
straight decay. The fitting of the best slope is an act of judgment, not of geometry, 
and will be influenced by the shape of the curve. In general, no systematic 
difference between slopes assigned to decays from different types of signal would be 
expected purely as a result of such judgments. However, if there is a second slope 
starting near noise level, it is more likely to be ignored if fluctuations make it 
difficult to distinguish from random noise. In such cases a varying source such as 
warble— tone will give spuriously low mean reverberation times. 

Further, in estimating the mean slopes of a number of dissimilar decays, the 
natural tendency is to adjust the comparison graticule so that the decays fall 

*The term "straight" here and elsewhere In this report refers to a logarithmic display. 
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symmetrically about its angle of slope. The final setting is therefore a mean of the 
angles made by the decays and not the mean of their tangents which is required. 
Using measured values of standard deviations of single warhle-tone decays, we may 
calculate the expected differences hetween the mean reverheration time and the 
reverberation time derived from the mean angle, assuming that the two cases form 
Gaussian distributions on linear and tangent scales respectively. At a typical slope 
angle of 60°, the difference between the means thus calculated is approximately 456, 
which is sxiffieient to explain the difference already observed. 

Unf amili arity may contribute to the greater standard deviation foimd with 
the new sound source. All the observers were experienced in the use of warble-tone 
but comparatively tmused to the constant bandwidth pulse displays. All escpressed a 
preference for the latter since the decay curves were repeated accurately, enabling 
the best slope to be decided at leisure, but this confidence was not reflected in a 
better consistency. It appears to be easier to carry out a process of visual 
averaging of a number of dissimilar decays i^ich cluster round a fairly straight locus 
than to judge the most suitable slope to be assigned to a unique but markedly non- 
linear decay curve. It seems possible therefore that the apparent advantage of 
identical repetition may be a practical weakness when the displays are non— linear. 

Moreover, the reason for the variation from one warble— tone decay to the 
next is of the same nature as that for the variation between microphone positions, 
namely the changing relative excitation of individual room modes. Thus, to average 
several successive slopes by eye is equivalent to averaging unique slopes from the 
same number of microphone positions, and the consistency of warble— tone readings for 
a given number of microphone positions may therefore be expected to be better. 



4. CONCLUSIONS 



Reverberation times at low frequencies measured with the use of constant 
bandwidth pulses generated by the equipment described in this report tend to have, in 
comparison with times measured with warble— tone or white noise, slightly higher mean 
values and standard deviations. Above 200 c/s there is no difference. Possible 
explanations of the difference at low frequencies would suggest that the short pulse 
method is probably the more valid. 

A feature of the method which is disappointing is that the variability of 
individual measurements is greater than with other sources whereas it had been expected 
that stabilisation of the decay curves would lead to greater consistency. The 
differences in the means emd standard deviations between the results obtained with the 
two types of sound are, however, too small to have any practical effect. For the 
ordinary work of studio tests and reverberation room measurements, therefore, the use 
of one type or the other will be decided on grounds of practical convenience. 

The pulse source should be more suitable than warble-tone or white noise for 
use with automatic methods of reverberation time measurement. 
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